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ABSTRACT 



An improved system and apparatus for providing caller 
identification information to a called party when standard 
Caller ID cannot be provided. If standard caller ID infor- 
mation cannot be provided for a call, the call is interrupted 
by the present service and the calling party is prompted for 
audible caller identification information. In one 
embodiment, when the audible caller identification is 
provided, the call is presented to the called party with a 
distinctive ring at the called telephone station. In another 
embodiment, the calling party may enter a personal identi- 
fication number (PIN) to bypass the requirement for audible 
caller identification information. In still another 
embodiment, when the PIN is entered, the call is presented 
with a distinctive ring at the called communication station. 
In still another embodiment, the called party may send the 
incoming call to a voice mail system. 

3 Claims, 10 Drawing Sheets 
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CONVENIENCE FEATURES IN A METHOD 
AND SYSTEM FOR PROVIDING ENHANCED 
CALLER IDENTIFICATION 

CROSS REFERENCE TO RELATED 
APPLICATIONS 

This patent application is a continuation-in-part of appli- 
cation Scr. No. 09/122,484, filed Jul. 24, 1998. 

BACKGROUND 

The present invention relates generally to telecommuni- 
cations services and more particularly to caller identifica- 
tion. 

Telecommunications service providers typically offer ser- 
vices that attempt to provide customers with information 
that enables them to determine whether or not to accept a 
call before answering the call. One service that provides 
such information is caller identification ("Caller ID"). Stan- 
dard Caller ID services generally provide a customer with an 
indication of who is calling without requiring the customer 
to answer the call. These systems typically retrieve infor- 
mation about the calling party from a database and provide 
that information to the called party. Customer premise 
equipment (CPE) in the form of a display device is generally 
used to provide the called party with a visual readout of the 
name and/or telephone number associated with the calling 
party. 

However, the effectiveness of Caller ID systems can be 
reduced due to a number of different occurrences. One such 
occurrence is the inability of a service provider to provide 
the standard Caller ID information for a particular incoming 
call. A service provider may not be able to provide the 
standard Caller ID information if the Caller ID information 
is blocked by the calling party, or if the Caller ID informa- 
tion is unavailable or incomplete. When the standard Caller 
ID information cannot be provided, the called party is not 
adequately informed about who is calling and cannot deter- 
mine whether or not to accept the incoming call before 
answering the call. 

Patent application Ser, No. 09/122,484, filed Jul. 24, 1998 
and commonly assigned to the assignee of the present 
application, is incorporated herein by reference. This patent 
application discloses a method and system for providing a 
called party with audible caller identification information 
when standard caller identification cannot be provided. 
When standard caller identification cannot be provided, the 
call is blocked and a request for audible caller identification 
is transmitted to the calling party. The audible information is 
subsequently transmitted to the called party who decides to 
reject or accept the call after aaswering the call. 

However, there is a desire to enhance this service for the 
convenience of both the calling party and the called party. In 
some instances, it may be desirable for the calling party to 
bypass the above-described system to have the call com- 
pleted immediately, such as in a family emergency. In other 
instances, it may be desirable to give an indication of the 
nature of the call to the called party before the call is 
answered. In still other instances, it is desirable to provide an 
option other than accepting and rejecting the call. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of a telecommunications 
system; 

FIG. 2 is a flow chart of a method for providing enhanced 
caller identification; 



FIG. 3 is a block diagram of the telecommunications 
system of FIG. 1; 

RG. 4 is a flow chart of a method for providing enhanced 
caller identification using the system of FIGS. 3; 
5 FIG. 5 is a more detailed flow chart of a portion of FIG. 
4. 

FIG. 6 is a more detailed flow chart of a portion the 
method of FIG. 4; 
30 FIG. 7 is a more detailed flow chart of a portion the 
method of FIG. 6; 

FIG. 8 is a more detailed flow chart of a portion the 
method of FIG. 4; 

FIG. 9 is a more detailed flow chart of a portion the 
is method of FIG. 4; and 

FIG. 10 is a more detailed flow chart of a portion the 
method of FIG. 4. 
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DETAILED DESCRIPTION OF THE 
PRESENTLY PREFERRED EMBODIMENTS 



By way of introduction, the preferred embodiments 
described below include a method and system for providing 
a called party with audible caller identification information 

25 when standard caller identification information cannot be 
provided. Calls for which standard caller identification 
information is blocked, unavailable or incomplete are pre- 
vented from being connected to the called party. Instead of 
connecting the calls, a request for audible caller identifica- 

30 tion information is transmitted to the calling party. If the 
calling party provides the requested audible caller identifi- 
cation information, the audible information is transmitted to 
the called party. In one embodiment, the calling party may 
enter a personal identification number to bypass or override 

35 the system and have the call connected immediately. In 
another embodiment, a distinctive ring is provided so that 
the called party is aware that standard Caller ID information 
could not be provided for the call. In yet another 
embodiment, a distinctive ring is provided to indicate that 

40 the calling party entered a personal identification number to 
bypass the system. And in still a further embodiment, the 
called party may route the call to voice mail. 

By way of example, FIG. 1 depicts a system 10 of a 
preferred embodiment. The system 10 comprises a network 

45 20, a called communication station 30 coupled with the 
network 20 and a calling communication station 40 coupled 
with the network 20. The term "coupled with," as used 
herein, means directly coupled with or indirectly coupled 
with through one or more components. The network 20 

50 preferably comprises computer usable medium having first, 
second and third computer readable program codes 22, 24, 
26 embodied therein. It is important to note that while the 
program codes 22, 24, 26 have been shown as three separate 
elements, their functionality can be combined and/or dis- 

55 tribuled. It is also important to note that "medium" is 
intended to broadly include any suitable medium including 
analog or digital, hardware or software, now in use or 
developed in the future. 

The system 10 is preferably implemented in a telecom- 

60 munications network as known to those skilled in the art. 
Alternatively, the system 10 can be implemented in a 
computer network or any other network that is adapted to 
transmit, store and retrieve information. The calling com- 
munication station 40 and the called communication station 

65 30 preferably comprise analog telephone stations as known 
to those skilled in the art. According to an alternative 
embodiment, the communication stations 30, 40 can com- 
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prise any suitable communication station adapted for use in SCP 240 preferably comprises an AIN element that stores 

the present embodiments as known to those skilled in the art. call information and receives and responds to queries. SCP 

The system 10 of FIG. 1 can be used to implement the 240 preferably stores call control information in the first 

method 100 depicted in FIG. 2. When the calling party at the SCP database 242 and can access the stored call control 

calling communication station 40 places a call to a called 5 information. SCP 240 also stores standard caller identifica- 

party at the called communication station 30, the first tion information in the second SCP database 244 and can 

computer readable program code 22 determines whether access the stored caller identification information. SCP 240 

standard caller identification information associated with the receives queries generated by SSP 220 and preferably 

calling communication station 40 can be provided to the responds to the queries by performing database searches to 

called communication station 30 (step 110, FIG. 2). As used a0 locate lhe requested call control information or caller iden- 

herein, the term standard caller identification (Caller ID) tification information as known to those skilled in the art. 

information means the information associated with a calling SCP 240 can forward the call control information or caller 

communication station that is typically stored in a database identification information to SSP 220. 

and automatically retrieved and provided to a called party as SN/ , p 25Q ferabl compriscs a network element that 

known to those skilled m the art. If it is determined that 15 enaWes comm * unications bei ^ Q tel hone stations 222 , 

standard caller identification information cannot be 262 and the network . ^ e SN/IP 25 0 may be a service node, 

provided, the second computer readable program code 24 . . . , , _ 1 

^ . ' r £. .1 .1 • c an intelligent peripheral, a compact service node, or any 

tansmd. a request for audible caller ident ^cation informa- functionally equivalent to these AIN compo- 

lion to the calling communication station 40 (step 120). As ^ , n ^ iUustrat ^ e W mbodimeat> the SN /IP 250 is a 

used herein, the term audible caller identification informa- 20 service node CCSNl 

tion means audible information provided by the calling party „ ,« - ,. 

in response to a request for such information. If the calling SW* 250 can preferably transmit messages to and 

party provides the requested audible caller identification receive responses from telephone stations 222, 262. SN/IP 

information, the third computer readable program code 26 250 can 8 enera,e announcements that can be transmitted to 

transmits the audible caller identification information to the telephone stations 222, 262. SN/IP 250 can transmit 

called communication station 30 (step 130). After receiving responses such as audible caller identification information 

the audible caller identification information, the called party from telephone station 262 to telephone station 222 by 

can decide whether to proceed with the call or cancel the call connecting telephone stations 222, 262 or by recording and 

(step 140) playing back the responses as known to those skilled in the 

By way of further example, FIG. 3 depicts a preferred 30 ! f nnouncements transmi » ed t0 telephone station 222 

embodiment of the system 10 described above. In FIG. 3, the Preferably comprise accept and reject options along with 

system 200 comprises a service switching point (SSP) 220, rec * uests / or m P ut f ™ m u1 lhe telephone station 222. The 

a signal transfer point (STP) 230, a service control point r ^ u K ests f ° r ^ P ^n Y ^^^^^ "put that 

(SCP) 240, a first SCP database 242, a second SCP database be ™* bv ^ ^° *> cancel calls * telephone station 

244, a service node or intelligent peripheral (SN/IP) 250, a 35 222 ' «*nert calls to telephone station 222, forward calls to 

central office 260, called telephone station 222 and calling a ™* maU or another locatlon such u ™ another 

telephone station 262. In the preferred embodiment, the SSP ^P h A one hne > and transmit messa S es l ° telephone station 

220, the STP 230 and the SCP 240 are intelligent network 262 ' herein ' me < erm volce mai1 s y stem mea ° s a11 

system components. Intelligent network system <* messa S e ^ r ^| n SyStemS f ^ 0WD l ° ^ 

components, also referred to as advanced intelligent network 40 sklUed " * c art ( SN/IP 250 ™ n ^ab\y receive and 

(AIN) components, suitable for implementing the present ™P ond 10 lhe m P ul Emitted from telephone station 22£ 

embodiment are commercially available from several ven- ^ term m P ut means , an y SUitable ^&^1 such as DTMF 

dors and are known to those skilled in the art. AIN compo- \ onts > vmc f P ul f m P ut or modem / fax ™P ut as 

nents can implement computer readable program code as known to lhose skllled in the arL 

known to those skilled in the art. Vendors of AIN compo- 45 Database 242 preferably comprises a data storage element 

nents typically have a preferred programming language and for use with SCP 240 as known to those skilled in the art. 

operating platform as known to those skilled in the art. Database 242 preferably stores call control information that 

SSP 220 preferably comprises an AIN switch that routes can be implemented by SSP 220 to control calls. Such call 
calls, recognizes and responds to triggers, generates queries control ^formation is known to those skilled in the art. 
to obtain call information and responds to returned call 50 Database 244 preferably comprises a standard caller iden- 
information. SSP 220 connects called telephone station 222 tification with name database as known to those skilled in 
with central office 260 to enable a calls to be placed between the art. Database 244 preferably includes the name of the 
called telephone station 222 and calling telephone station person associated with calling telephone station 262 along 
262. SSP 220 preferably communicates with SCP 240, with the telephone number that is associated with calling 
central office 260 and SN/IP 250 by utilizing a signaling 55 telephone station 262. Database 244 can alternatively corn- 
protocol such as Signaling System 7 (SS7) or other such prise a caller assistance database as known to those skilled 
signaling protocols as presently known to those skilled in the in the art. While databases 242, 244 are depicted within a 
art or developed in the future. SSP 220 preferably generates telecommunications system, databases 242, 244 can corn- 
queries to SCP 240 and receives and responds to responses prise any suitable databases containing information adapted 
to the queries returned from SCP 240. eo f° r use in the present embodiment and are not limited to 

STP 230 preferably comprises a network element that databases located within a telecommunications network. It is 

transfers signaling communications in response to signaling also important to note that while databases 242, 244 are 

protocols such as SS7 or other such signaling protocols as shown as separate components, they can be implemented as 

presently known to those skilled in the art or developed in a single database. 

the future. STP 230 preferably transfers queries from SSP 65 Central office 260 preferably comprises an AIN network 

220 to SCP 240 and transfers responses to the queries from switch as known to those skilled in the art. Central office 260 

SCP 240 to SSP 220. enables calls to be placed between calling telephone station 
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262 and called telephone station 222. Alternatively, central tification parameter is present in the query as known to those 

office 260 can comprise a non-AIN network switch as skilled in the art. In addition, the SCP 240 preferably 

known to those skilled in the art. determines whether the standard Caller ID information is 

Telephone stations 222, 262 preferably comprise tele- incomplete (step 420). The SCP 240 preferably determines 

phone sets as known to those skilled in the art, which may 5 whether the standard Caller ID information is incomplete by 

be analog or digital telephone sets. Alternatively, telephone dete ™">ing whether or not the calling party idenuficat.on 

stations 222, 262 can comprise wireless, PCS, ISDN or any P £™ = ter ?* valid telephone number as known to those 

f t i . .u 1*11 j skilled in the art. In addition, the SCP 240 preferably 

other form of communication station known to those skilled determines whether the standard Caller ID infon £ ation h / s 

'J?* 6 "V Called / e ^phone sta ion 222 preferably includes been blocked (step 430). The SCP 240 preferably determines 

CPE equipment for use with caller identification services as « whcthef ^ standafd aUer m information has bccn 

known to those skilled in the art, blocked by determining whether or not the calling party 

The system depicted in FIG. 3 can be utilized to imple- identification presentation restriction indicator is set to "pre- 

ment the method 300 depicted in FIG. 4. For purposes of sentation restricted" as known to those skilled in the art. 

illustration, assume that a calling party at calling telephone The step of transmitting a request for audible caller 

station 262 places a call to a called party at called telephone 15 identification information by the SN/IP (step 370, FIG. 4) in 

station 222. In an attempt to connect the call, central office one embodiment comprises the steps shown in FIG. 6. The 

260 routes the call to SSP 220. steps illustrated in FIG. 6 permit a calling party to enter a 

In this embodiment, when the call is routed to SSP 220, personal identification number (PIN) to bypass or override 

a terminating attempt trigger is activated (step 310) when 2Q the prompt for audible caller identification information and 

SSP 220 attempts to connect the call to called telephone waiting for the called party to accept the call. The PIN may 

station 222. The trigger generates a query referred to as a be given out by the called party to friends or family for use 

termination attempt query that is sent to SCP 240 (step 320). in emergencies or at other suitable times. If the correct PIN 

The query preferably includes a calling party identification is entered, the call is connected to the called telephone 

parameter which can include a calling party presentation 25 station 222 immediately without any further intervention, 

restriction indicator as known to those skilled in the art and At step 610, the SN/IP 250 begins transmitting the request 

requests the return of standard Caller ID information. The message to the calling party. As noted above, the message 

telephone number associated with the calling telephone includes a statement indicating that the called party does not 

station 262 is preferably included in the calling party iden- accept calls from unidentified callers and a request for the 

tification parameter of the query as known to those skilled in 3Q calling party to speak his or her name. At step 620, the SN/IP 

the art. SCP 240 receives the query and determines whether 250 continues transmitting the message, 

or not the called party at called telephone station 222 Meanwhile, at step 630, the SN/IP 250 determines if the 

subscribes to the present service. In response to a determi- calling party has begun entering data such as a PIN. This 

nation that the called party subscribes to the present service, determination can be made in any suitable manner. In the 

SCP 240 analyzes the information included with the query 35 illustrated embodiment, the SN/IP 250 detects dual tone 

to determine whether standard Caller ID information can be multiple frequency (DTMF) signals entered by the calling 

provided to called telephone station 222 (step 330). party at the calling telephone station 262. At step 650, after 

If the standard Caller ID information cannot be provided, the message has been played, the SN/IP 250 determines if 

SCP 240 accesses database 242 to retrieve call control the calling party has provided a response, for example, by 

information (step 340) and returns the call control infonna- 40 speaking a name. If not, the call is cancelled. If so, control 

tion to SSP 220 (step 350). The SCP 240 transmits the call proceeds to step 380 (FIG. 4). 

control information to the SSP 220 in a forward call mes- If, at step 630, DTMF tones have been received, at step 

sage. The call control information sent to SSP 220 will 660 it is determined if the PIN entered by the calling party 

contain a lead directory number that uniquely identifies the matches a preset identification number. The SN/IP 250 

basic rate interface (BRI) or primary rate interface (PRI) 45 converts the DTMF signals to numerical data or digital data 

associated with the SN/IP 250. In response to the call control representative of the numbers entered by the calling party, 

information, SSP220 routes the call to SN/IP250 (step 360). The preset identification number may be stored at the SN/IP 

When SN/IP 250 receives the call, SN/IP 250 generates a 250 or at any suitable location in the system 200. If the PIN 

request for audible caller identification information that is matches the stored value, at step 680 the call is connected 

transmitted to the calling telephone station 262 (step 370). 50 immediately. The SN/IP 250 connects the calling telephone 

The request preferably comprises a statement indicating that station 262 and the called telephone station 222 and the 

the called party doesn't accept calls from unidentified callers called telephone station 222 begins ringing. If the PIN does 

and a request for the calling party to speak his/her name not match the stored value, at step 670 a reject message is 

and/or the name of the company that they represent. The played to indicate to the calling party that an incorrect PIN 

request preferably comprises an audible message. If the 55 was entered. Control then proceeds to step 610 to prompt the 

calling party provides an audible response, SN/IP 250 calling party to speak his/her name, 

enables the audible response to be transmitted to called The step of connecting the call between the calling 

telephone station 222 (step 380). Alternatively, if the calling telephone station 262 and the called communication station 

party does not provide the requested information, the call is 222 (step 680, FIG. 6) in one embodiment comprises the 

canceled (step 390). 60 s t ep s shown in FIG. 7. In this embodiment, when the calling 

The step of determining whether standard Caller ID party has entered a PIN to override the service of the 

information can be provided (step 330, FIG. 4) preferably illustrated system, the call is immediately connected and the 

comprises the steps shown in FIG. 5. The SCP 240 prefer- phone is rung with a distinctive ring or ringing cadence to 

ably first determines whether standard Caller ID information indicate to the called party that the incoming call bypassed 

is unavailable (step 410). The SCP 240 preferably deter- 65 the present service. 

mines whether the standard Caller ID information is unavail- At step 710, the SN/IP 250, embodied as a CSN in FIG. 

able by determining whether or not the calling party iden- 7, places a call to the called telephone station 222 to 
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complete the call in response to the PIN override. At step transmitted by SN/IP 250 to called telephone station 222. 

720, the SSP 220 detects a terminating attempt trigger and The accept and reject options preferably comprise, accepting 

suspends the call The SSP 220 transmits a terminating the call by enabling the connection of the call to the called 

attempt query message to the SCP 240. The terminating telephone station 222, canceling the call by disabling the 

attempt query message includes the DN for the SN/IP 250 5 connection of the call to the called telephone station 222, 

and an indicator. forwarding the call to a voice mail system or another 

The terminating attempt query message includes control location and sending a message to calling party. The mes- 

information, such as calling line identification (CLJD) infer- sa g e sent to the calling party can comprise a request that the 

mation for the SN/IP 250. In the illustrated example, the call called party be taken off a telemarketer's call list. Each of 
control information includes a unique directory number 10 mese options is preferably invoked when the called party 

(DN) for the SN/IP 250 and an indicator which indicates provides the appropriate input. 

that, under the present circumstance, the call should be In response to input provided by the called party, the 

completed with a distinctive ring. The indicator may even SN/IP 250 can process the call (step 550). Accordingly, the 

specify the particular distinctive ring to use. In the present SN/IP 250 can connect the call, cancel the call, transmit a 
embodiment, the indicator is provided by predetermined 15 message to the calling telephone station 262 or forward the 

caller identification information included in the call control call to a voice mail system or another location in response 

information. For example, the CLID information may be set to the input provided by the calling party, 

to a predetermined number or text string, such as "distinctive i n a further alternative embodiment, the present systems 

ring. In other embodiments, the indicator, which indicates and methods can be co nfig u re d to work in conjunction with 
that the call should be completed with a distinctive ring, may 20 answering machines and voice mail syslems . Micc the called 

comprise a service indicator as known to those skilled in the parly answere the telephone (step 530, FIG. 8) a message can 

art ' be transmitted to the called telephone station 222 requesting 

At step 730, the SCP 240 processes the terminating the called party to provide appropriate input to signify that 

attempt query message. The SCP 240 retrieves the DN for the call is being answered by a human. The message 

the SN/IP 250 and the indicator from the message and 25 preferably comprises an audible message and is preferably 

compares the indicator with stored values, step 740. If the transmitted to the called telephone station 222 by the SN/IP 

indicator matches a stored value, which may be termed a 250. The input can comprise any suitable signal such as 

distinctive ring indicator, at step 750 the SCP 240 sets a ring DTMF tones, dial pulse input, modem/fax input or voice 

mode for the call to distinctive ring (DR). If the indicator input as known to those skilled in the art. If the called party 

does not match the distinctive ring indicator, the SCP 240 30 provides the requisite input, the audible caller identification 

sets the ring mode for the call to standard (STD) ring at step information provided by the calling party can be transmitted 

760. to the called party. However, if input is not provided within 

At step 770, the SCP transmits an authorize termination a predetermined amount of time, the audible caller identi- 

response message to the SSP 220. The authorize termination 35 fication information is not transmitted to the called party, 

response message includes an indicator of the ring mode. At Instead, a message is played to the calling party to advise 

step 780 the SSP 220 completes the call to the called tnat tne call is being handled by a voice messaging system, 

telephone station 222 with the specified ring. If the ring The call from the calling party is joined with the call to the 

mode is set to distinctive ring, a distinctive ring is provided. answering machine or the voice mail system and the calling 

The step of providing the audible caller identification 40 par ! y canleave a conventional message. The preferred time 

information to the called party (step 380, FIG. 4) in one P enod >vlthm which the in P ut must be received to prevent 

embodiment comprises the steps shown in FIG. 8. the callin S P art y from bein S connected with the answering 

Preferably, called telephone station 222 rings (step 510) to machine or voice mail system is three to five seconds, 

signify that a call has been placed to called telephone station Alternatively, if an answering machine or voice mail 

222. While called telephone station 222 is ringing, a text 45 system answers the call, the answering machine or voice 

message can be transmitted to called telephone station 222 mail system can immediately transmit a tone input to SN/IP 

and the text message can be displayed on the CPE equipment 250 to signify that the call is not being answered by a human, 

at called telephone station 222 (step 520) as known to those * n response to the tone input, the SN/IP 250 can connect the 

skilled in the art. The text message preferably indicates that calling party to the answering machine or voice mail system 

the call is being handled by the present service and identifies 50 anc * tne calling party can leave a conventional message, 

the name of the present service. If the called party answers In order to connect the calling party with the answering 

the telephone (i.e. the telephone is off hook), the audible machine or voice mail system as described herein, the SN/IP 

caller identification information that was provided by the 250 performs a join function between the call from the 

calling party is transmitted to called telephone station 222 calling communication station and the call to the voice mail 

(step 530). The audible caller identification information is 55 system or answering machine. In an AIN network, the SN/IP 

preferably recorded and played back to the called telephone 250 performs a 2B transfer as known to those ordinarily 

station 222 as known to those skilled in the art. Alternatively, skilled in the art. 

the ^ calling telephone station 262 and the called telephone In a alterrjative embodiment, the present system 

station 222 can be connected such that the audible caller and rae thod can be configured to work in conjunction with 

identification mformatton caii be transmitted between the 60 slandard caller idenlification services . Af ter the trigger is 

telephone stations 262, 222. ^ from lhe ssp m (step ^ FIG ^ tfae scp 240 cafl 

After the audible caller identification information has determine whether the called party at the called telephone 

been transmitted, a message is transmitted to called tele- station 222 has subscribed to the present service. If the 

phone station 222 (step 540). The message preferably called party has not subscribed to the present service, the call 

includes instructions that allow the called party to accept or 65 can be handled in accordance with standard Caller ID 

reject the call by providing the appropriate input. The procedures as known to those skilled in the art. In addition, 

message preferably comprises audible instructions that are if the SCP 240 determines that the standard caller identifi- 
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cation information can be provided (step 330, FIG. 4), the 
call can be handled in accordance with standard Caller ID 
procedures as known to those skilled in the art. 

The step of transmitting the audible caller identification 
message from calling telephone station 262 to the called 5 
communication station 222 (step 380, FIG. 4) in one 
embodiment comprises the steps shown in FIG. 9. In this 
embodiment, the phone is rung with a distinctive ring or 
ringing cadence to indicate to the called party that the 
incoming call has been handled by the present service to 1Q 
intercept a call for which standard Caller ID information 
could not be provided. This may be useful to assist the called 
party in deciding how to handle the incoming party. 

At step 810, the SN/IP 250, embodied as a CSN in FIG. 
9, places a call to the called telephone station 222 to 5 
complete the call in response to the PIN override. The call 
control for this call includes call control information, such as 
calling line identification (CLID) information for the SN/IP 
250. In the illustrated example, the call control information 
includes a directory number (DN) for the SN/IP 250 and an 2fl 
indicator which indicates that, under the present 
circumstance, the call should be completed with a distinctive 
ring. The indicator may even specify the particular distinc- 
tive ring to use. In one embodiment, the indicator comprises 
predetermined caller identification information com muni- 25 
cated as part of the call control information. In another 
embodiment, the indicator may be a service indicator as 
known to those skilled in the art. At step 820, the SSP 220 
detects a terminating attempt trigger and suspends the call. 
The SSP 220 transmits a terminating attempt query message 3Q 
to the SCP 240. The terminating attempt query message 
includes the DN for the SN/IP 250 and the indicator. 

At step 830, the SCP 240 processes the terminating 
attempt query message. The SCP 240 retrieves the DN for 
the SN/IP 250 and the indicator from the message and 3S 
compares the indicator with a stored value. If, at step 840, 
the indicator matches the stored value, which may be termed 
a distinctive ring indicator, at step 850 the SCP 240 sets a 
ring mode for the call to distinctive ring (DR). If the 
indicator does not match the distinctive ring indicator, the 40 
SCP 240 sets the ring mode for the call to standard (STD) 
ring at step 860. 

At step 870, the SCP transmits an authorize termination 
response message to the SSP 220. The authorize termination 
response message includes an indicator of the ring mode. At 45 
step 880 the SSP 220 completes the call to the called 
telephone station 222 with the specified ring. If the ring 
mode is set to distinctive ring, a distinctive ring is provided. 

The steps of transmitting accept and reject options to the 
called telephone station and processing the call in response 50 
to input from the called party (steps 540, 550, FIG. 8) in one 
embodiment include the steps shown in FIG. 10. These steps 
permit the called party to handle the call in the most 
convenient manner. In particular, these steps permit the 
called party to send the call to a voice messaging system 55 
such as voice mail. 

At step 1010, the audible caller identification information 
provided by the calling party is replayed to the called party 
and a further message providing call disposition options is 
played. This is typically performed by the SN/IP 250. At step 60 
1015, the SN/IP 250 awaits a selection by the called party. 
The selection may be made, for example, by keypad entry at 
the called telephone station 222 which generates DTMF 
signals. Alternatively, the selection may be made by voice 
recognition of a spoken command by the called party. The 65 
SN/IP 250 detects the DTMF signals or other selection 
signals and converts them to numerical data for processing. 
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At step 1020, it is determined if the called party's selec- 
tion entry corresponds to accepting the call. If so, at step 
1025, the call between the calling telephone station 262 and 
the SN/IP 250 is joined with the call between the SN/IP 250 
and the called telephone station 222. The method then ends. 
At step 1030, it is determined if the called party's selection 
entry corresponds to rejecting the call. If so, at step 1035, a 
reject message is played to the calling party, the call is 
cancelled at step 1040 and the method ends. At step 1045, it 
is determined if the called party's selection entry corre- 
sponds to sending a sales refusal message. If so, at step 1050, 
the message is played to the calling party and at step 1040 
the call is cancelled. The method then ends. 

At step 1055, it is determined if the called party's selec- 
tion entry corresponds to sending the call to voice mail. If so, 
at step 1060, the SN/IP 250 determines if the called party has 
established a voice mail account. This is done at the SN/IP 
250 by searching in a table of customers and associated 
voice mail numbers maintained in a database, such as SCP 
database 242, or at the SN/IP 250 or elsewhere in the 
network. If a voice mail number for the called party is 
located, at step 1065, the SN/IP 250 obtains the voice mail 
directory number for the account from the database. The 
SN/IP 250 may also play a message to the calling party, to 
inform the calling party that the call is being handled by a 
voice messaging system. 

At step 1070, a call is placed from the SN/IP 250 to the 
directory number (DN) for the voice mail system. This call 
includes the DN for the voice mail account in the Called- 
Party field and the directory number for the called commu- 
nication station as a redirecting party element. The SN/IP 
250 then performs ajoin function to join the call between the 
calling communication station and the SN/IP 250 and the 
call between the SN/IP 250 and the DN of the voice mail 
system. In an AIN system, the SN/IP 250 performs a 2 B 
channel transfer to join the calls. The called voice mail 
system uses the DN for the called communication station in 
a table to locate voice mail information for the called party. 
The located voice mail information is then used, for 
example, to play a greeting message to the calling party. The 
method then ends. 

The present embodiments provide an efficient and effec- 
tive method and system for providing caller identification 
information to a customer when standard caller identifica- 
tion information is unavailable, incomplete, or blocked. 
Convenience features, such as personal identification num- 
ber override, distinctive ringing and routing to voice mail, 
are provided. These features assist the called party to iden- 
tify the nature of the call, even before answering the call, and 
process the call in the most convenient manner. 

It is to be understood that a wide range of changes and 
modifications to the embodiments described above will be 
apparent to those skilled in the art and are contemplated. It 
is therefore intended that the foregoing detailed description 
be regarded as illustrative rather than limiting, and that it be 
understood that it is the following claims, including all 
equivalents, that are intended to define the spirit and scope 
of the invention. 

We claim: 

1. A system for processing a call from a calling party at 
a calling communication station to a called communication 
station, the system comprising: 

a service control point operative to determine whether 
standard caller identification information for the calling 
communication station can be provided to the called 
communication station; - 
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network equipment coupled with the service control 
point, the network equipment being operative to trans- 
mit a request for audible caller identification informa- 
tion to the calling communication station in response to 
a determination that the standard caller identification 5 
information cannot be provided to the called commu- 
nication station, and being operative to complete the 
call to the called communication station with a distinc- 
tive ring indicative of the audible caller identification 
information provided by the calling party. lu 

2. The system of claim 1 wherein the network equipment 
comprises one of a service node and an intelligent peripheral 
configured to initiate a new call with the audible caller 
identification information, the new call being suspended for 
processing by the service control point, and wherein the 15 
service control point is configured to compare an indicator 
for the new call with a distinctive ring indicator and to 
control the network equipment to produce the distinctive 
ring at the called communication station in response to a 
determination that the indicator matches the distinctive ring 20 
indicator. 

3. A method for processing a call from a calling party at 
a calling communication station to a called party at a called 
communication station, the method comprising: 

at network equipment of a telecommunication network, 25 
detecting the call and generating a terminating attempt 
trigger in response thereto; 

transmitting a query including the terminating attempt 
trigger to a service control point (SCP) of the telecom- 
munication network; 
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at the SCP, determining if standard caller identification 
information can be provided for the call; 

if no standard caller identification information can be 
provided, communicating appropriate call control 
information to the network equipment; 

in response to the call control information, transmitting a 
request for audible caller identification information to 
the calling party; 

canceling the call if no response to the request is provided; 

transmitting received audible caller identification infor- 
mation to the called party; 

completing the call only upon a received indication from 
the called party; 

while transmitting the request, determining if signaling 
information is received from the calling party; 

if signaling information is received, comparing the 
received signaling information with a personal identi- 
fication number provided by the called party for use by 
a caller such as the calling party; 

if the received signaling information matches the personal 
identification number, connecting the call between the 
called party and the calling party with a distinctive ring 
to indicate receipt of the received signaling informa- 
tion; and 

otherwise, playing a reject message to the calling party. 
* * * * * 
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